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Fig. 4. Number of additions/subtractions per iteration for the Jacobian RBF DFE of varying equalizer order m and the Log-MAP equalizer for various values of
L, where L +1is the CIR length. The feedback order of the Jacobian RBF DFE is set to n = L and the number of RBF centers is set to n = M =M.
We conclude that the Jacobian RBF DFE having a feedforward
order that is equivalent to the symbol-spaced CIR length
provides a computational complexity advantage, although
only in terms of the additions/subtractions imposed, whereas,
the number of multiplications/divisions is the same as for
Log-MAP-based equalizers.
The length of the trellis determines the storage requirements
of the Log-MAP equalizer, since the Log-MAP algorithm has
to store both the forward- and backward-recursively calculated
metrics and before the LLR values
can be calculated. For the Jacobian RBF DFE, we have to store
the value of the RBF centers, and the storage requirements will
depend on the CIR length as well as on the -ary mod-
ulation mode.
V. RBF TEQ PERFORMANCE
The schematic of the entire system was shown in Fig. 3,
where the transmitted source bits are convolutionally encoded,
channel interleaved, and mapped to an -ary modulated
symbol. The encoder utilized is a half-rate recursive systematic
convolutional (RSC) code, having a constraint length of
and octal generator polynomials of and as
recommended in the global system for mobile communications
(GSM). The transmission burst structure used in this system is
the FRAMES multiple access (FMA) 1 nonspread speech burst,
as specified in the Pan-European FRAMES proposal [19],
which has a total duration of 72 s, and it is constituted by a
27-symbol channel sounding or training midamble surrounded
by two 72-symbol data segments. In order to decide on the
amount of tolerable delay, and hence, on the depth of the
channel interleaver, we considered the maximum affordable
delay of a time-division multiple access/time-division duplex
(TDMA/TDD)-based interactive speech/video system, which
employs eight uplink and eight downlink slots. Hence, 1
transmission slot will be available after 16 TDMA slots. In our
investigations, the transmission delay of the BPSK, 4QAM
and 16QAM system was limited to approximately 30 ms. This
corresponds to 3456 data symbols transmitted within 30 ms,
and hence, 3456-bit, 6912-bit and 13824-bit random channel
interleavers were utilized for BPSK, 4QAM, and 16QAM,
respectively. In this context, it is interesting to note that even
though the performance is expected to degrade, when a higher
order modem mode is used, the associated longer interleaver
partially compensates for this performance degradation. A
three-path, symbol-spaced fading channel of equal weights
was utilized, where the Rayleigh fading statistics obeyed a
normalized Doppler frequency of . The CIR
was assumed to be burst invariant. The discrete-time channel
utilized in our simulations is assumed to be a concatenation
of the transmitter filter, the wireless channel, and the receiver
filter.